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Filterbanks for the application of subband coding of speech
were introduced in the 1970s. Since then, filterbanks and
multirate systems have been studied extensively. There
has been great success in applying multirate systems to
many applications. Most notable of these applications in-
clude subband coding, signal analysis, and representation
using wavelets, subband denoising, and so forth. Diﬀer-
ent applications also call for diﬀerent filterbank designs
and the topic of designing one-dimensional and multidi-
mensional filterbanks for specific applications has been of
great interest. Recently there has also been a lot of in-
terest in applying multirate theories to the area of com-
munication systems such as transmultiplexers, filterbank
transceivers, and precoded systems. There are strikingly
many dualities and similarities between multirate systems
and multicarrier communication systems. Many problems
in multicarrier transmission can be studied by extending
results from multirate systems and filterbanks. This ex-
citing research area is one that is of increasing impor-
tance.
The aim of this special issue is to bring forward recent
developments on filterbanks and the ever expanding area of
applications of multirate systems. In this special issue, there
are a total of 13 papers, which are roughly grouped into 3
categories.
1. THEORY, DESIGN, AND IMPLEMENTATION
OF FILTERBANKS
Yi Chen et al. developed two methods of designing quin-
cunx filterbanks for image coding. Based on a lifting frame-
work, a parameterization of quincunx filterbanks is em-
ployed to maximize coding gain subject to constraints on
vanishing moments and frequency selectivity. The proposed
methods are shown to be highly eﬀective for image cod-
ing.
A frequency response masking approach to the design
of cosine modulated M-channel filterbanks is developed by
Linne´a et al. Using frequency response masking, this method
can obtain a sharper prototype and hence analysis and syn-
thesis filters with narrower transition bands. Furthermore, a
lower complexity can be achieved at the cost of a slightly in-
creased overall delay.
The problem of fixed wordsize implementation of lifting
schemes is addressed by Tanja Karp. A reversible nonlinear
discrete wavelet transform with a fixed wordsize based on
lifting schemes is presented. It is shown that when the ad-
ditions in the lifting steps are done using the modulus oper-
ation, overflows (if any) will cancel out. An analysis on the
eﬀect of finite wordsize implementation on the performance
of image compression systems is performed. The results are
useful for a practical implementation of lifting schemes.
The paper by M. Parfieniuk and A. Petrovsky proposes a
new quaternionic lattice structures for four-channel parauni-
tary filterbanks. Quarternion multipliers are used as the pa-
raunitary building blocks and they have the advantage that
losslessness is preserved under coeﬃcient quantization. The
one-regularity condition can be expressed in terms of the lat-
tice coeﬃcients and can be satisfied even under finite preci-
sion. The proposed structure is useful for the design and im-
plementation of four-channel paraunitary filterbanks.
A new characterization of real paraunitary two-channel
filterbanks is proposed byM. Elena Domı´nguez Jime´nez. The
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new formulation gives an explicit expression of all real FIR
paraunitary filterbanks and it leads to a method that de-
signs any two-channel paraunitary filterbanks directly, with
no need of iteration procedures.
2. APPLICATION OF FILTERBANK
SYSTEMS TO COMMUNICATIONS
Blind channel identification using redundant filterbank pre-
coders is addressed by B. Su and P. P. Vaidyanathan. A gener-
alized algorithm for solving the problem is proposed. The au-
thors show how the parameters can be designed to jointly op-
timize the system performance and computational complex-
ity. It is shown that the generalized algorithm outperforms
the previous ones. In addition, a new concept of generalized
signal richness and its properties are also investigated in the
paper.
The issue of channel equalization in filterbank-based
multicarrier systems is investigated by Tero Ihalainen et al.
A new low-complexity per-subcarrier equalizer is proposed.
A comprehensive performance analysis of the proposed sys-
tem is presented and the performance of the proposed equal-
izer structures is compared to the cyclic-prefixed OFDM sys-
tem, taking into account various practical issues like trans-
mitter nonlinearity and frequency oﬀsets. The study shows
that the filterbank system is a promising candidate for multi-
carrier communications.
In a companion paper, Yuan Yang et al. investigate the
use of exponentially modulated filterbanks for frequency-
domain equalization in single-carrier systems. Two low-
complexity equalizer structures are studied. It is demon-
strated that the proposed filterbank-based single-carrier
system outperforms the widely used DFT-based single-
carrier system, especially when there is narrowband interfer-
ence.
The paper by Han-Ting Chiang et al. studies nonuni-
form filterbank transceivers for frequency selective chan-
nels. The authors propose a design method for jointly op-
timizing the frequency response and signal-to-interference
ratio. Simulation results show that nonuniform filterbank
transceivers with good frequency responses and high signal-
to-interference ratio can be obtained.
Frequency band reallocation is an important aspect of
satellite-based communication systems. A variable oversam-
pled complex modulated filterbank is introduced by H. Jo-
hansson and P. Lo¨wenborg for flexible frequency band real-
location. Due to variable oversampling, the network is more
flexible in accommodating various types of services. In ad-
dition, a lower complexity is simultaneously achieved due to
inherent parallel processing.
3. FILTERBANK SYSTEMS FOR SOUND AND
ACOUSTICS APPLICATIONS
In the paper by Arja Selin et al., filterbanks are applied to the
recognition of bird sounds. Bird sounds can be tonal or in-
harmonic, with the latter not easily captured by conventional
spectral analysis methods. Using wavelet packet decomposi-
tion for feature extraction, inharmonic and transient sounds
can be recognized with a high success rate.
Filterbanks have also been applied to crosstalk cancel-
lation in spatial sound reproduction using multi-channel
loudspeakers. The widespread use of the crosstalk cancella-
tion system has been hampered by its heavy computational
loading. The subband-based bandlimited cancellation sys-
tem proposed by M. R. Bai and C.-C. Lee significantly re-
duces the complexity while having a performance compara-
ble to that of the full-band system.
Convergence speed and complexity are known to be
two important issues in acoustic echo cancellation associ-
ated with long echo paths. H. Choi and H.-D. Bae present
a new subband aﬃne projection method, combining sub-
band filtering and aﬃne projection, to address these two
issues. The new algorithm outperforms both subband fil-
tering and fullband aﬃne projection methods in terms of
convergence. At the same time, a lower complexity can be
achieved.
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